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Description

[0001] Thisinventionrelatesto anindoor position determining system, particularly, although not necessarily exclusively,
using ultrasound.

[0002] There are many situations in which it is desirable to be able to determine the location of a moveable object,
such as an item of equipment or a person, within a given area. It is known to provide room-level location using ultrasonic
transmitters or tags attached to the objects or persons to be located; and a suitable ultrasonic receiver located in each
room that can establish the presence or absence of a given tag. This can be useful for stock inventory or locating
personnel but it is not accurate enough for some applications.

[0003] It has also been proposed to use an array of ultrasonic receivers distributed around a monitoring zone to
determine the position of a tag within the zone using trilateration - i.e. using the time taken for the signal from the tag to
reach different receivers. However this would not be very practical for a large installation as there would be a high
equipment cost associated with a lot of separate receivers. Furthermore, the installation cost would also be high (for
example, cabling for power and communication may need to be laid separately to each unit), and the end result can be
unsightly if it is retro-fitted due to the need to have multiple units within each room.

[0004] Another problem with implementing this idea practically is that in real environments there are many surfaces,
for example the walls of a room, from which the tag’s signals can be reflected before being received. These can have
the tendency to obscure the signals of interest and require complex processing to eliminate.

[0005] For example a geometrical and a statistical approach for identifying and eliminating inaccurate distance meas-
urements due to reflections are described in "A New Location Technique for the Active Office", IEEE Personal Commu-
nications, Vol. 4, No. 5, October 1997, pp 42-47. The problems caused by reflections can be mitigated by increasing
the number of receivers, but this just further increases the cost.

[0006] It has been proposed in WO 2006/013512 to use a single base station to determine the location of a tag using
the line of sight signal from the tag as well as reflected signals caused by reflections off the walls, ceiling, floor and
possible other surface in a room by use of a signature-matching method. A time-series signature of the signal and its
reflections received by the base station is matched to stored model signatures or templates. Such an approach has a
number of shortcomings: in particular, it provides poor positioning accuracy since signature-matching algorithms cannot
perform well in noisy environments (such as when multiple received signals or their echoes overlap in time); furthermore,
the accuracy of the method is limited to the number of candidate model signatures or templates, which is typically
constrained by available processing power, memory space and time.

[0007] WO 2005/088339 describes another method for determining the position of a mobile unit, having the features
of the pre-characterising portion of claim 1.

[0008] When viewed from one aspect, the present invention provides a method as claimed in claim 1.

[0009] The invention also extends to a position-determining system as claimed in claim 3, and to a receiver as claimed
in claim 15.

[0010] The position-determining system preferably further comprises storage means and/or display means and/or
electronic communication means, and is arranged to store and/or display and/or communicate electronically said deter-
mined position of the mobile unit.

[0011] The first path may be an indirect path, i.e. the acoustic signal along the first path is reflected from a surface. In
such a case only echoes are used for the calculation. However, in preferred embodiments, the first path is a direct path
so the acoustic signal received along the first path is a direct acoustic signal. In some embodiments, the direct acoustic
signal is used when such is available (e.g. when there is an unobstructed line of sight between the mobile unit and the
receiver), but an indirect path is used when no direct path exists (e.g. because of the presence of an obstruction).
[0012] Thus it will be seen by those skilled in the art that, in accordance with the present invention, rather than seeking
to cancel out from the received signal all information relating to sound from the mobile unit that has been reflected from
nearby surfaces, or trying to perform a pattern matching operation, the time of receipt of one or more reflections is
individually calculated and used to determine the position of the mobile unit. The intentional use of additional information
relating to the timing of reflections can increase the accuracy of the position determination, or reduce the minimum
number of receivers required to determine unambiguously the position of the mobile unit, when compared with an
approach that discards echoes. It makes it easier to provide better accuracy than a signature-matching approach.
Knowledge of the echo characteristics used in positioning can also be used to increase the rate at which position estimates
of the mobile unit data can be updated, and can further be used to increase the rate at which data (e.g. a tag identity
code) can be transmitted between the mobile unit and the receiver.

[0013] The times of arrival of the first signal (hereafter referred to for convenience as the direct signal, but noting that
features described with reference to the direct signal, should, wherever appropriate, be understood as applying equally
to an indirect first signal) and/or of the echo or echoes may variously be determined as absolute times (e.g. defined by
an internal system clock or a signal from an external clock), for example using a clock built into the receiver. Alternatively
relative timings could be used. For example, the times may be relative to the arrival of the direct acoustic signal at the
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receiver; i.e. this first arrival event defines a 'time zero’, against which reference point the time(s) of the later-arriving
echo or echoes are determined.

[0014] In theory any surface in the monitoring zone could be used for reflecting, but preferably the surface is a static
surface and is preferably substantially planar. In such embodiments the reflecting surface effectively acts as a 'sonic
mirror’. The Applicant has appreciated that by suitable processing of the received signal it can be treated as though
there is a second, virtual receiver the same distance on the other side of the surface. Of course by using multiple reflecting
surfaces, multiple such virtual receivers arise. In some embodiments therefore a plurality of echoes is received at the
receiver and the times of arrival of each echo are determined and used to determine the position of the mobile unit within
the detection zone.

[0015] In some embodiments the signal strength of an echo, e.g. compared to the direct path signal or another echo,
is used in the position determination, e.g. by giving an estimate of distance travelled. Here advantageously one may
use knowledge of the spherical and dissipative attenuation of ultrasound in air and even knowledge of the reflective
characteristics of the major surfaces

[0016] The virtual receiver(s) can be used to determine the position of the mobile unit just as if there were multiple
real receivers in the corresponding positions and there were no reflecting surface. In other words the, or each, virtual
receiver may be considered as if it had received the echo as a direct signal from the mobile unit. The position which the
virtual receiver is treated as having can be determined from the known positions of the real receiver and the reflecting
surface. Once the surface corresponding to each echo has been determined, a conventional trilateration or multilateration
calculation, using spherical (time-of-arrival) or hyperbolic (time-difference-of-arrival) methods, can be performed to de-
termine the position of the mobile unit. Using this modified trilateration or multilateration approach is advantageous as
it is computationally efficient when compared with, for example, ray tracing.

[0017] In embodiments having more than one reflecting surface, it may be necessary to determine which echo has
been reflected from which surface (and thus which virtual receiver position it corresponds to). This may be done by an
exhaustive trial-and-error approach - i.e. trying every possible pairing of echoes and surfaces and determining which
gives the most consistent or plausible estimate for the position of the mobile unit. In preferred embodiments, however,
the receiver has sufficient information from the received signals to determine which surface a particular echo arises,
e.g. by considering the signal strength of the echo as well as its arrival time. In preferred embodiments the receiver is
located near a boundary surface (wall, floor or ceiling) of a room. In some embodiments the nearest boundary surface
is used as the reflecting surface. This can allow echoes to be identified relatively easily as they will follow closely after
the direct signal.

[0018] In some embodiments the receiver is located near a corner to give one or two nearby additional reflecting
surfaces which can be used as virtual receivers. The receiver could be mounted to one of the boundary surfaces and
use only the other boundary surface(s) in the corner as reflecting surfaces, or it could be extend from and be supported
by one of the surfaces.

[0019] In other embodiments the opposite boundary surface is used as the reflecting surface. In some embodiments,
the receiver is mounted on a wall of a room in parallel opposition to the wall acting as the reflecting surface. This allows
a very wide degree of coverage. In an exemplary set of embodiments, the receiver is mounted to the ceiling of the room
- e.g. at the centre or the room - and uses the floor as the reflecting surface. This gives almost 360 degrees of coverage.
[0020] The transducers are configured, e.g. in respect of their positioning, response characteristics or data analysis
applied, to be optimised for the reception of the direct and reflected signals respectively.

[0021] As will be appreciated, the use of virtual receivers in accordance with the invention means that fewer real
receivers are required to give the same level of positional accuracy. In particular there is thus no requirement to provide
receivers spaced apart from one another to cover a monitoring zone. This clearly has advantages in terms of equipment
and installation costs as explained earlier. Indeed, in preferred embodiments of the invention, mobile unit position
determination can be carried out by a single receiving unit, which may comprise one or more transducers incorporated
into it. The benefit in providing a single unit, installed at a single location, is that it dramatically reduces the installation
cost and inconvenience as compared to installing units at multiple locations.

[0022] In order to determine the position of the mobile unit accurately, use can be made of information relating to the
relative or absolute positions and/or orientations of the receiver and the reflective surface(s). This information is therefore
preferably used to determine the position of the mobile unit within the detection zone. Such information might relate to
the geometry of the detection zone; e.g. the locations of all its boundary surfaces. Such information may be determined
before or during installation by, for example, a human installer measuring distances within the detection zone. Preferably,
however, an automatic calibration step is conducted in which the processing means acquires information relating to the
location of the reflecting surface(s) and/or the receiver by receiving an acoustic signal. This signal may be emitted by
the mobile unit (e.g. when at a known location) or some other source but preferably the receiver, or a transmitter housed
in the same unit, itself emits the signal.

[0023] In one set of embodiments the receiver comprises two independent transducers, the second having greater
directional sensitivity than the first. This advantageously allows the first transducer to receive the direct signal from the
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mobile unit and the second transducer to receive the echo reflected from the reflecting surface, since the directional
sensitivity can be exploited to mean that the second transducer will pick up the echo in preference to the direct signal.
For example in some preferred embodiments there is at least one imaginary line included in the response half angle
which strikes the reflecting surface within the detection zone. The response half angle is defined as the angle over which
the sensitivity is greater than half the maximum - i.e. the angle at which the response falls off by 6 dB.

[0024] Such arrangements make distinguishing the echo from the direct-path signal and from other noise (e.g. further
echoes off other objects) easier.

[0025] Inanexemplary set of embodiments the firsttransducer comprises an omni-directional microphone. The second
transducer could comprise a directional microphone or an omni-directional one with a waveguide or shielding to add
directionality. Indeed a waveguide or shielding could be used even with an inherently directional microphone to further
enhance its directionality. In some embodiments, the second transducer has a half-angle of between 10 and 60 degrees;
preferably between 10 and 40 degrees; for example 30 degrees. Preferably the first transducer either does not have a
half-angle (i.e. it's angular variation is less than 6dB) or the half-angle is greater than that of the second transducer;
preferably greater than 60 degrees.

[0026] In another set of embodiments, an array of transducers is employed. The relative phase and/or arrival times
of the signal at the respective transducers in the array (known as a phased array or beam-forming array), allows the
direction of a given signal to be determined. References herein to a directional microphone or transducer can equally
be understood to refer to a beam-forming or phased array of transducers with associated processing means.

[0027] Insome of the embodiments the second transducer, or a part thereof, is moveable in order to allow its directional
axis to be adjusted. This allows the set-up to be optimised for a particular installation. In one set of embodiments the
second transducer is mounted on a moveable support, such as a rotatable gimbal. In other embodiments, such as those
employing a phased array of transducers, no physical adjustment is provided. Rather directional specificity can be
achieved in at signal processing stage.

[0028] The receiver may comprise a plurality of microphones having relatively greater directionality than said first
microphone; e.g. three microphones in total. Preferably the directional axes of the relatively-directional microphones are
mutually nonparallel.

[0029] The receiver could be provided in a unit containing its own power supply, such as a battery, capacitor, fuel cell
or solar panel but preferably has a wired electrical connection. In some particularly preferred embodiments, the receiver
receives power over Ethernet (as defined in IEEE 802.3). The receiver may support external communication (e.g. to a
further receiver unit, to a satellite microphone unit, or to a server) over wired connections, such as Ethernet, FireWire
or USB, or over a wireless link, such as infrared or radio-frequency (e.g. IEEE 802.11).

[0030] The receiver unit may comprise the aforesaid processing means, or the processing means may be separate
from the receiver unit, being, for example, a server located outside the detection zone. In some embodiments, more
than one receiver is employed at respective locations. The additional receivers may variously be arranged to receive
respective direct sound signals from the mobile unit and/or reflected signals. They may contain some or all of the features
of the first receiver. In such embodiments, processing means are preferably arranged to use arrival times of signals at
a plurality of receivers to determine the position of the mobile unit within the detection zone.

[0031] In embodiments having a plurality of receivers for a detection zone, where each receiver comprises a clock,
there is preferably provided means for synchronising the clocks. This may be performed using a protocol over a network
connecting the receivers. In an installation comprising multiple distinct detection zones, each with its own receiver(s),
clocks may be synchronised across the detection zones; although this may not be necessary (i.e. purely local synchro-
nisation within each detection zone may suffice). In some embodiments, the mobile unit comprises a clock; in such
cases, a means is preferably provided for synchronising the mobile unit’s clock with those of one or more receivers.
[0032] Preferably the mobile unit comprises attachment means for attaching it to an object or person. Advantageously
it comprises its own power supply; e.g. a battery, a capacitor, a fuel cell or a solar panel. The acoustic signal may be of
any appropriate frequency; it may be audible, i.e. in the range 20 Hz - 20 kHz, but it is preferably ultrasonic; i.e. greater
than 20 kHz. The acoustic signal may be a constant frequency (i.e. a tone) but it is preferably of varying frequency such
as being chirped - e.g. a linear chirp - as this can provide better noise resistance. In particularly preferred embodiments,
the acoustic signal consists of a rising chirp followed by a falling chirp (or vice versa), optionally with a gap therebetween.
Advantageously these are linear chirps, which can provide good resistance to Doppler shifting (e.g. if the mobile unit is
moving relative to the receiver(s)). Typically the chirp frequency range is such that the Doppler frequency shift resulting
from relative motion constitutes only a small fraction of the frequency range of the chirp. Geometric chirps can equivalently
be used, but are more complex to generate.

[0033] Echoes of interest may then be separated from other peaks by performing separate cross-correlations for the
up and down chirp signals and identifying peaks having similar amplitude and sharpness to each other that are shifted
by the same time separation as the two chirps. One possible criterion that may be applied in this context is
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A, — A4 S.-S
a——— + (1 — a)/———*| < threshold
A, + A4, S, +8,

where A is the peak amplitude and S is the sharpness of the associated peaks of the up and down chirp, while a is a
weighing factor between 0 and 1.

[0034] The acoustic signal may encode information such as an identification (ID) code for the mobile unit or status
information (e.g. the battery level of the mobile unit). Alternatively, such information may be sent separately. This could
be over an independent electronic or electromagnetic channel such as a radio channel. Preferably, however, such
information is sent acoustically, but separated in time and/or frequency from the acoustic signal used for location.
Advantageously, information is sent after the acoustic signal. In this way, the acoustic signal can allow the receiver to
determine information relating to characteristics of the acoustic environment occupied by the mobile unit and the receiver;
e.g. the amount of Doppler shift, if any, in the signal, the amount and nature of any background noise, and the attenuation
and echo characteristic of the detection zone. Such information can be used to increase accuracy when decoding other
communications from the mobile unit, enabling higher data transmission rates for example.

[0035] Thus a predetermined transmission can be used to facilitate the interpretation of a data transmission in an
acoustic environment. A method of transmitting information from the mobile unit within a detection zone to a receiver
comprises:

emitting a predetermined acoustic signal from the mobile unit;

receiving the predetermined signal;

calculating an estimate of the transformation undergone by said predetermined signal in transmission;
emitting an acoustic signal encoding said information;

receiving the encoded signal; and

decoding said encoded signal using said estimate of the transformation.

[0036] The predetermined signal could be used just for calculating the estimate of the transformation. Preferably
however it is used for determining the position of the mobile unit - e.g. as described above.

[0037] When information is encoded on an acoustic signal, such encoding could be by single frequency shift keying
(FSK), multiple frequency shift keying (MFSK), amplitude shift keying (ASK), phase shift keying (PSK) or any other
suitable mechanism. In one set of preferred embodiments information is encoded in the sequence of a set of signals,
e.g. linear chirps, which are selected from a finite set. The set of signals is thus effectively an ’alphabet’. The signals
preferably have low cross-correlation and preferably a highly-peaked auto-correlation. Such an encoding scheme can
provide greater robustness to multi-path and other interference than, say, FSK.

[0038] The predetermined signal could be transmitted before or after the encoded signal or could be a part of it. For
example where the encoded signal comprises a sequence of signals from a finite set of signals, one or more of these
signals can act as the predetermined signal.

[0039] Being able to use knowledge of the transformation of the transmitted signal accurately to identify a transmission
and its echoes means that quite apart from trying to filter out echoes as unwanted noise, the information contained in
them can be extracted to give a more reliable data signal which therefore facilitates decoding. This in turn means that
a higher data transmission rate can be used.

[0040] In preferred embodiments the position of the mobile unit is calculated using the time of flight of the sound from
the mobile unit to the receiver. For such timing purposes receipt of the acoustic signal may be defined as being when
the absolute signal strength output of a transducer forming part of the receiver exceeds a predetermined threshold,
either instantaneously or over a sample period.

[0041] The time of flight can be measured in a number of ways. One way is to use a separate electromagnetic signal
as the basis for timing the acoustic signal. Conveniently, for example, the mobile unit could transmit an electromagnetic
signal simultaneously with, or at least having a predefined timing relationship to, the acoustic signal. By determining the
delay between receipt of the electromagnetic signal (either at the receiver or at another receiver) and receipt of the
acoustic signal at the receiver, the time of flight of the acoustic signal can be calculated (since the electromagnetic signal
can typically be considered to arrive instantaneously). This assumes that the receiver is listening for the electromagnetic
signal, or at least that it is informed of its transmission, or receipt at another receiver.

[0042] Alternatively, the time of flight of the acoustic signal could be determined by transmitting an electromagnetic
signal to the mobile unit, the mobile unit being arranged to emit the acoustic signal on receipt of the electromagnetic
signal, and determining the delay between transmission of the electromagnetic signal and receipt of the acoustic signal
at the receiver. Again, the time of flight of the electromagnetic signal can be assumed to be zero, and the delay gives
the time of flight of the acoustic signal plus a known ‘turnaround time’ at the mobile unit - i.e. the time taken between
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the mobile unit receiving the electromagnetic signal and transmitting the acoustic signal.

[0043] In another set of embodiments the time of flight is measured using synchronised clocks in the mobile unit and
receiver. Thus in such embodiments the mobile unit comprises a clock and transmits information relating to the time of
the acoustic signal transmission. This timing information may be encoded in the sound itself, or sent acoustically but
separately from the aforesaid signal (e.g. at a later time or on a different frequency), or it may be sent over a separate
channel to the acoustic channel such as a WLAN or other radio-frequency channel.

[0044] The receiver, or a server in communication with the receiver, preferably comprises a clock and is arranged to
determine information relating to the time at which the sound is received by the receiver. The time of flight of the sound
can then be determined from the information relating to the time of the acoustic transmission and from the information
relating to the time of the receipt of the acoustic signal.

[0045] The accuracy of the aforementioned procedure is dependent on the degree of synchrony between the mobile
unit and the receiver. Preferred methods in accordance with the invention comprise the step of synchronising a clock
on the mobile unit with a remote clock. The remote clock could be one associated with the receiver or could be separate
from it (albeit that the receiver might then too be synchronised from it). In some preferred embodiments said mobile unit
synchronisation is performed using an electromagnetic - e.g. an RF link. In one set of embodiments, a clock synchroni-
sation signal is sent from the receiver to the mobile unit by radio before an acoustic locating signal is transmitted from
the mobile unit. This synchronisation signal could comprise the current time or a correction factor.

[0046] Inan alternative set of embodiments, the mobile unit emits a signal on a predetermined schedule (e.g. at uniform
intervals) and thus the time of transmission by the mobile unit may be known by the receiver or processing means.
[0047] Alternatively synchronisation of the mobile unit could be carried out with the mobile unit in a known position
relative to the receiver. The difference between the true position of the mobile unit and the position estimated from the
acoustic signal received by the receiver could be used to calibrate or synchronise the mobile unit. A similar method could
be used to set-up or calibrate the receiver. In one convenient example a mobile unit could be placed in a docking unit
connected to the receiver. This could be fixed and of known position, or itself transmit a signal for determining its position
(which needn’t be acoustic). The docking station could be connected via wired connection to maintain synchronisation,
and could then connectdirectly to the mobile unitto synchronise it- i.e. without requiring a separate RF transmitter/receiver
on the mobile unit.

[0048] Another approach devised by the Applicant to synchronising a clock on the mobile unit with a remote clock is
first to determine the position of the mobile unit using only information relating to the time differences of arrival (TDOASs)
of the sound along a plurality of paths at one or more receivers, which does not require use of the mobile unit’s clock;
and then, if appropriate, to adjust or compensate for the mobile unit’s clock based on the determined position of the
mobile unit and the absolute time of arrival of the sound along one of the plurality of paths at a receiver, measured
against the remote clock. If the clock is to be compensated for, such compensation may be applied by the processing
means.

[0049] Determining the position of the mobile unit is to be understood to mean determining an estimate of the position
to within a degree of confidence or spatial accuracy appropriate to the context to which the invention is applied. No
particular level of precision is intended or should be inferred. In some embodiments, the position of the mobile unit may
be determined to within the nearest metre; in more preferred embodiments, to within the nearest one or two centimetres;
or even to the nearest one millimetre or less.

[0050] In some embodiments, an estimate of the accuracy of the position determination can be made. This might be
achieved for example using extra information above the minimum requirement for making a position determination. For
example it may depend on the extent of agreement between independent estimates of position. The accuracy may be
stored and/or displayed and/or communicated electronically. In embodiments in which a clock on the mobile unit is
adjusted or compensated for, such adjustment or compensation is preferably only applied when a particular position
estimate on which the adjustmentor compensation is based is determined to be accurate to within a predetermined margin.
[0051] A clock-synchronisation method thus comprises:

- transmitting an acoustic signal from the mobile unit, the mobile unit comprising a clock;

- receiving the acoustic signal at a plurality of receivers;

- determining an estimate of the position of the mobile unit from the difference(s) in arrival time and/or phase of the
signal at said receivers;

- calculating a clock correction factor using: the estimated position of the mobile unit, the time of transmission of the
signal measured against said mobile unit clock, and the time of arrival of the signal at one of said transducers
measured against a reference clock; and

- applying said correction factor to the mobile unit clock to bring it into synchronisation with said reference clock.

[0052] The step of applying the correction factor to the mobile unit clock may comprise adjusting the mobile unit clock
directly (e.g. so that it outputs time data synchronised with the reference clock), or may comprise applying a correction
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factor at the receiver or a server to (incorrect) time data output by the mobile unit clock so that the corrected data is
synchronised with the reference clock.

[0053] The mobile unit may transmit the acoustic signal according to a predetermined schedule, or the acoustic signal
may comprise data relating to its time of transmission measured against the mobile unit clock, or such data may be
transmitted separately from the acoustic signal - e.g. over an RF link. In particular, if the acoustic channel is busy, the
mobile unit may need to back off - it is preferably arranged in such instances to send data relating to the time of
transmission over a separate channel, or at least to send back-off information (e.g. attempt number in a predetermined
back-off scheme) from which the receiver or system can reconstruct the time of the clock in the mobile unit.

[0054] The time of flight of the reflection or echo of the acoustic signal from the reflecting surface is preferably used
to calculate the position of the mobile unit. However this is not essential. For example the time difference of arrival
(TDOA) of the echo compared with the direct-path signal (or a signal having followed another path) could be used.
[0055] The position of the mobile unit may be determined by any appropriate method such as trilateration or multilat-
eration (using time-of-arrival (TOA) information to determine location by spherical intersection or using time-difference-
of-arrival (TDOA) information to determined location by ellipsoid intersection); or acoustic modelling of the enclosed
space, mobile unit, reflecting surface and receiver, e.g. using ray tracing.

[0056] In some preferred embodiments the receiver is arranged to estimate the angle of arrival (AOA) of the signal
from the mobile unit. This can be achieved for example through exploiting knowledge of the angular response of the
transducer, especially where a directional transducer is used. Where there are multiple transducers the difference in
phase ortiming between the signals received at each can be used. Where there are a small number of discrete transducers
this might be accurate enough to give an angular range for the location. Where an array of transducers is provided then
beam-forming principles can be used to give a more accurate estimate.

[0057] Thus, where the receiver comprises first and second transducers, the invention preferably further comprises
determining the time of arrival of the direct acoustic signal at a first transducer and determining the time of arrival of the
direct acoustic signal at a second transducer. From these times of arrival, information relating to the direction from which
the sound was received at the receiver may be determined. For example, an angle of arrival relative to a reference plane
may be estimated. As before, the times of arrival may be absolute or relative to each other. A similar step may be
undertaken in respect of the echo or echoes. In addition, or alternatively, to the time arrival, information relating to the
phase and/or amplitude of the signal may be determined and used similarly to estimate, or contribute to an estimate of,
the direction of arrival. Of course, this approach is not limited only to the first and second transducers, but may be applied
across any number of transducers.

[0058] Thus, even before a first echo is received at the receiver, some information about the position of the mobile
unit within the detection zone can be established. This may not of itself be sufficient to determine an estimate of the
mobile unit’s location with the required accuracy, but it can be combined with other information such as that relating to
the path lengths of the direct path and the echo or echoes determined from time-of-arrival or time-difference-of-arrival
information. It may also be used, in a detection zone having multiple reflective surfaces, to determine the identity of a
reflective surface by which a particular echo has been reflected.

[0059] In some circumstances, it may not be possible to determine the position of the mobile unit by any of the above
approaches - for example, if there is no direct path between the mobile unit and the receiver, or if the mobile unit is very
close to the corner of a room and thus produces echoes off each of the walls in such close succession that they cannot
be separately identified. In such instances, it may nonetheless be desirable to know simply whether the mobile unit is
or is not in a given detection zone (such as a room). Thus, preferably, the system is further arranged to determine
whether the mobile unit is in the detection zone. Preferably, it is arranged to store and/or display and/or communicate
electronically said determination.

[0060] In one particular set of embodiments, the mobile unit attempts to initiate a transmission sequence at predeter-
mined time intervals (e.g. every 5 minutes). In one example the mobile unit initially makes an RF transmission to the
receiver. The receiver preferably conveys a timeslot to the mobile unit, preferably by radio. The mobile unit preferably
conveys a short (and possibly not unique) ID to the receiver. Desirably the combination of the timeslot and the ID is
unique for the locality. If connection between the mobile unit and the receiver is not established, the mobile unit could
default to using a longer, unique mobile unit ID.

[0061] Thus methods of the invention may further comprise receiving timeslot information at the mobile unit and
transmitting an acoustic signal from the mobile unit in said timeslot. An ID code is preferably transmitted from the mobile
unit. The acoustic locating signal may itself comprise the ID code, or the ID code may be transmitted separately. If
transmitted separately but acoustically, it preferably has a low cross-correlation section with said acoustic locating signal,
so as to avoid interference if one mobile unit transmits its ID code at the same time as another mobile unit is emitting a
locating signal.

[0062] In some embodiments the mobile unit is configured to delay transmitting an acoustic signal on a channel until
the channel has been silent for at least a predetermined time. The predetermined time is preferably the time taken for
sound to travel twice the maximum dimension of the enclosed space (i.e. longer than the longest anticipated reflected
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signal path). However, if the sounds emitted have a low cross-correlation section with each other, simultaneous trans-
mission may be permitted, thus increasing the maximum possible update rate in an environment containing multiple
mobile units.

[0063] A certain embodiment of the invention will now be described, by way of example only, with reference to the
accompanying drawings, in which:

Figure 1 is a perspective drawing of the exterior of a receiver embodying the invention;
Figure 2 is a perspective drawing of the interior of the receiver;

Figure 3 is a perspective drawing of a waveguide forming part of the receiver;

Figure 4 is a perspective drawing of a directional microphone forming part of the receiver;

Figure 5 is a schematic diagram showing how the receiver determines the position of a mobile unit according to the
invention;

Figure 6 is a diagram similar to Fig. 5 showing the locations of the ’virtual receivers’; and
Figure 7 is a schematic diagram of the receiver networked with other receivers and a central processor.

[0064] In detail, Figure 1 shows, in perspective view, the outside of a receiver 2 according to the invention. A moulded
cover 4 protects the sensitive internal components of the receiver 2 from damaging environmental exposure. However
the cover 4 comprises a grilled opening 6 and a circular opening 10 that both allow ultrasound to pass through the cover
4 to the interior of the unit. A connection port 8 is able to receive an Ethernet cable supporting Power over Ethernet.
Just visible through the grilled opening 6 are a left directional microphone 12 and a right directional microphone 14. The
receiver 2 is preferably arranged to be mounted on a wall or ceiling, but may be freestanding.

[0065] Figure 2 shows the inside of the receiver 2, comprising a flat back member 16 onto which the moulded cover
4 (not shown) can be clipped. Also attached to the back member 16 is a circuit board 18 to which discrete electronic
components, processors, memory, a back-up battery and communication modules are attached. In electrical commu-
nication with the circuit board 18 are the left and right directional microphones 12, 14 and an omni-directional microphone
20. When the moulded cover 4 is in place, the circular opening 10 in the cover 4 lines up with the omni-directional
microphone 20 to allow sound to reach the microphone freely from all directions forwards of the unit. A circular depression
22 located centrally between the left and right microphones 12, 14 may optionally receive a third directional microphone
(not shown).

[0066] Figure 3 shows a close-up view of a waveguide 24, which is a component of each directional microphone 12,
14. The waveguide 24 comprises four planar surfaces 26, 28, 30, 32 arranged around, and tapering in towards, a central
hole 34. In use, the planar surfaces cooperate to direct sound from within a relatively narrow cone forwards of the
waveguide (having its apex at the centre of the hole 34) towards the hole 34. The planar surfaces also act to block or
attenuate the passage through the hole 34 of sound coming from forwards of the waveguide but outside the cone. The
half-angle (the sector bounded by the angles at which the sensitivity drops to half the maximum) of each microphone
12, 14 varies inversely with the radius of the hole 34.

[0067] Figure 4 is a detailed view of the left directional microphone 12 (the right directional microphone 14 is identical).
The transducer element (not visible) converts sound energy into electrical energy and is located inside the cylindrical
body 36 of the microphone. The front of the cylindrical body 36 comprises a waveguide 24 as depicted in more detail in
Figure 3. The transducer element is located near the central hole 34 in the waveguide 24, such that substantially only
sound within the directivity pattern of the above-mentioned cone reaches the transducer element.

[0068] The directional microphone 12 also comprises a gimbal 38, which is attached to the cylindrical body 36 by a
pair of pivots 40 on either side of the body 36. These allow the angle of the body 36 of the microphone 12 to be adjusted
relative to the gimbal 38 through 180 degrees about an axis passing through the pivots 40. Furthermore, the gimbal 38
has a circular base which rotatably engages in a circular depression (e.g. 22) in the receiver so as to allow the whole
microphone 12 to be rotated to any angle about an axis orthogonal to the aforesaid pivot axis. Thus, when mounted in
the receiver 2, the axes of the directional microphones 12, 14 (i.e. the axis of the previously-mentioned cone) can be
adjusted to any desired angle in three dimensions relative to the base 16 of the receiver. The grilled opening 6 is preferably
arranged so as to allow the free passage of sound from substantially any direction in which the directional microphones
12, 14 may physically be oriented.

[0069] Figure 5 shows installation and operation of the receiver 2 to determine the position of a mobile unit 48. The
receiver 2 is installed near a corner of a room where a back wall 42, side wall 44 and ceiling 46 meet. The receiver 2 is
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mounted on the back wall 42 spaced a little away from the corner itself. For example it might be vertically down from
the ceiling 42 and horizontally removed from the side wall 44 by approximately 20-150 cm; e.g. 80 cm.

[0070] The left microphone 12 is oriented so as to have its directional axis broadly in a horizontal plane and directed
towards the side wall 44 at an angle of approximately 45 degrees. The right microphone 14 is oriented so as to have its
directional axis broadly in a vertical plane and directed towards the ceiling 46 at an angle of approximately 45 degrees.
[0071] A mobile unit 48 is situated within the room, not immediately adjacent either of the walls 42, 44 of the ceiling
46. It may be attached to a person or item of equipment (not shown). It may be arranged to transmit an ultrasound signal
substantially evenly throughout the whole room. Alternatively, it may emit sound with a directional pattern into part of
the room (for example hemispherically - e.g. from the part of the room higher than the mobile unit). For example, it may
emit sound in a pattern having a sound-pressure half-angle of approximately 50 degrees. The mobile unit 48 may
comprise an ultrasound transducer such as an MA40S4S from Murata Manufacturing Co., Ltd. (trade mark).

[0072] Some of the signal will travel directly to the side wall 44; some directly to the back wall 42; and some directly
to the ceiling 46. In particular, of the sound travelling directly to the back wall 42, some will travel along a direct path 54
between the mobile unit and the omni-directional microphone 20 of the receiver 2. Of the sound travelling directly to the
side wall 44, some will travel along a direct path 56 to a point 50 on the side wall from which it will be reflected along a
direct path 58 to the left unidirectional microphone 12. This direct path 58 is within the reception cone of the microphone
12 and will thus be channelled through the waveguide 24 and into the microphone’s transducer element.

[0073] Similarly, of the sound travelling directly to the ceiling 46, some will travel along a direct path 60 to a point 52
on the ceiling from which it will be reflected along a direct path 62 to the right unidirectional microphone 14, which has
its directional axis angled towards the ceiling 46. As is well known, the angles of incidence and reflection at the point 50
on the side wall 44 (defined relative to the normal to the side wall 44 at that point 50) will be equal to one another; similarly
the angles of incidence and reflection at the point 52 on the ceiling 46 will be equal. It can be seen therefore that the
side wall 44 and ceiling 46 act as reflecting surfaces for the ultrasonic signal.

[0074] Since the length of the direct path 54 is shorter than any reflected path, the sound from the mobile unit 48
travelling along the direct path 54 reaches the receiver 2 first. Although the left and right directional microphones 12, 14
are in the path of the direct path sound, the waveguides 24 of these microphones are arranged to physically attenuate
or block such direct-path signals for the majority of possible positions for the mobile unit 48 within the room. The
orientations of the directional axes of the left and right directional microphones 12, 14 are such that, for most of the
realistic positions of the mobile unit in the room in any given application, their respective transducers register a stronger
signal for the reflected sound they receive along the paths 58, 62 from the side wall 44 and ceiling 46 respectively than
they register for sound they receive along a direct path 54 from the mobile unit 48 to the receiver 2. If, for example, the
mobile unit 48 is to be carried by a person, it may reasonably be assumed that the mobile unit will never be more than
2 m above the floor of the room, and the position of the receiver 2 on the back wall 42 and the angles of the directional
microphones 12, 14 may be set accordingly to maximise the signal-strength discriminating abilities of the directional
microphones 12, 14 in favour of echoes of the side wall 44 and ceiling 46 respectively over direct-path signals.

[0075] Ifitcan be safely assumed, in use, that an echo of interest will always create a stronger signal from a directional
microphone 12, 14 than will a direct-path sound or an echo off a different surface from the one of interest, or two or more
surfaces, then the time of receipt of the strongest signal within a time window can be taken to be the time of receipt of
the echo of interest.

[0076] However, evenwhen asignal transmitted by the mobile unit48 received by the left or right directional microphone
12, 14 along a direct path from the mobile unit 48 is stronger than the corresponding echo of interest received off the
side wall 44 or ceiling 46 respectively, the echo will be received at the receiver later than the direct-path sound, and may
therefore still be identified as the echo signal.

[0077] Moreover, the relative timings and/or phases of each burst of sound (a direct-path sound or any one echo)
between the different microphones 12, 14, 20 may be used to gain additional information about the direction from which
the sound is received at the receiver. The usefulness of such information may be further enhanced if information related
to the pattern of directional sensitivity of each of the microphones 12, 14, 20 is known. Then the relative strengths
(amplitudes) of each burst of sound across the different microphones can be used to infer additional information about
the direction from which the sound is received. This is explained in greater detail hereinbelow

[0078] The receiver 2, or a processing means in communication with the receiver, comprises a clock and is therefore
able to determine the arrival times of the signal travelling along the direct path 54 from the mobile unit 48 to the omni-
directional microphone 20.

[0079] The signal from the mobile unit 48 comprises at least one, or preferably more, signals having a highly peaked
auto-correlation (for example, such that the resulting auto-correlation peak after processing has a time extent of 2 ms
or less).

[0080] For each of the microphone channels, the receiver 2, or associated processing means, performs a matched
filter process to find the positioning and/or data signals. The matched filter process consist of a cross-correlation of the
received microphone signal with quadrature versions of all the positioning signals. To add robustness to any Doppler
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shift in the frequencies of the received signals due to motion of the mobile unit 48, these cross-correlations may be
performed for each of various differently Doppler-shifted variants of the known positioning signals. To aid the process
of identifying echoes, the received signals may also be cross-correlated amongst themselves using a quadrature ap-
proach.

[0081] For each of the cross-correlated signals processed, the peaks are identified and the locations, amplitudes and
second-order derivatives thereof are found using a second-order polynomial peak finder with a suitable window size.
The time instance and attenuation of echo events can then be found by searching for peaks having an amplitude and
sharpness (absolute value of the second derivative) above predetermined thresholds.

[0082] If multiple positioning signals are emitted by the mobile unit 48, the peaks from each positioning signal can be
compared for similarity and combined in order to improve the identification of echoes. If cross-correlation is performed
for several Doppler variants, the matched filter which is closest to the true Doppler shift will show the highest and sharpest
correlation peak.

[0083] Phase information for the received signals can be determined from the ratio of the quadrature components of
quadrature cross-correlation. This can be used to determine the time-of-flight to phase-level accuracy (e.g. resolving
below 17 mm for 20 kHz ultrasound). However, this does not work if there are large Doppler shifts (e.g. v/c > 4*1073)
due, for example, to rapid movement of the mobile unit 48. So in the present embodiment peak fitting of two anti-symmetric
chirps is used. The mobile unit 48 emits a positioning signal consisting of two chirps with opposite sign of the chirp rate.
From this, both Doppler shift and time delay can be determined accurately as follows.

[0084] A rising chirp signal S+ having increasing linear frequency chirp is emitted first, followed by a chirp signal S|
having decreasing linear frequency chirp (of course, the order of the chirps could be reversed). The two chirps have
opposite chirp rate polarity (Cy = -C, = dffdt = f,,f./ T) but are otherwise identical (T, being the chirp time duration,
fstart DEING the chirp start frequency, and f,,4 being the chirp end frequency). The chirps are transmitted with a time
separation At, which is greater or equal to the chirp duration.

[0085] Using a quadrature cross-correlation method to find the Rxy (cross-correlation signal) of the known chirps with
the received microphone signals, the peaks corresponding to the chirp signals can be identified through selection by
peak amplitude, sharpness and, knowing the chirp time separation, their spacing in time At,. Using only linear chirps
prevents dramatic loss of correlation when the received signals are Doppler shifted. The use of quadrature cross-
correlation furthermore gives much more reliable measures of amplitude.

[0086] Having identified the peak pairs for the up and down chirp signals for all the relevant reflections echoes, the
time location, amplitude and peak sharpness of the signals can be extracted. Since the received signals may have
different Doppler velocities from each other (due to different observation angles between the direct and various possible
reflected paths), the timing information from the cross-correlation of the chirps may be skewed. This can be corrected
for using the following manipulations.

[0087] The difference in time of arrival between the up and down chirp signals corrected for their known separation
in time is:

b=l -an) (£ A
2 e 2

»

(1-n)

where f is the centre frequency of the chirp signals, C, the chirp rate, and

n=1-
C

sound

the Doppler factor (v being the effective velocity of the source with respect to receiver, and c,,,,4 being the speed of
sound in the room - the speed of sound may be approximated by a constant value, or may be estimated based on
measurements of relevant factors such as temperature and humidity, or determined experimentally by, say, timing a
sound over a known distance).

[0088] Sincef, C,and At,are known, the times of arrival of the two chirp signals can be used to calculate the Doppler
factor. Note that this measurement is independent of any frequency deviations suffered by the source (a known problem
with many alternative schemes to derive Doppler-shift information).

[0089] The sum of the time of arrival between the two chirps, corrected for their known separation in time, is:
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t¢+(t¢—Atc):t_d+At (l_lj
2 no \n

[0090] The true time delay of the signal, {; can therefore be found by using the measured Doppler factor estimated
above. The resulting timing accuracy is of the order of microseconds.

[0091] As mentioned previously, information relating to the angle of arrival (AOA) of each burst of sound (direct-path
sound or echo) can be used to help resolve any ambiguity in determining from which reflective surface an echo has
bounced. It can also be combined with time-of-arrival or time-difference-of-arrival information to improve the accuracy
of the position estimate.

[0092] AOA information can be obtained by comparing the relative responses of directional microphones and an
omnidirectional microphone. For a peak identified using cross-correlation in a waveguide channel k the corresponding
peak in a proximate omnidirectional channel can be used as a reference to calculate the ratio of amplitudes
Akm=Awvgd-kAomni for peak m.

[0093] If the waveguide microphones are constructed such that there is considerable overlap in spatial sensitivity with
the omnidirectional microphone(s) and one another, the angle of arrival can be estimated by minimizing the error ex-
pression:

€ :Z(Akm —1(9p—9¢,,0 _Qk))2

where @, and ¢, are the angles of the major axis of sensitivity for a conical waveguide k. A minimum of two ratio
measurements is required for a unique fix of the AOA.

[0094] The response of an omnidirectional microphone equipped with a conical waveguide with circular entrance
opening of diameter a can be calculated with great accuracy to be (in spherical coordinates):

sin( ka sin(¢)) sin( ka sin(6))
kasin(¢) ka sin(6)

1(¢,0)=G

where k is the spatial wave vector 2xnfic.
[0095] Waveguides with square cross-section, such as the waveguide 12 may be approximated by:

sin( ka sin(¢)) sin( kb sin(6))
kasin(¢) kb sin(0)

1(¢,0)=G

where a and b are the dimension of the rectangular entrance cross-section.

[0096] Although the position of the mobile unit may be estimated using the time difference of arrival (TDOA) of the
signals along the direct path 54, the indirect side-wall path 56, 58, the indirect ceiling path 60, 62, and any other paths
for which suitable microphones (not shown) are in place, more efficient use of the time-of-arrival information can be
made if the time of transmission from the mobile unit 48 is also known.

[0097] To exploit this the mobile unit 48 in this embodiment contains a clock and is arranged to communicate the time
of transmission of the sound signal to the receiver or to a separate processing means. The separate processing means
may be a server that maintains the state of the clocks from every mobile unit (including estimated values for clock drift);
in addition it may allocate to each mobile unit a time slot for ultrasound signal transmission. On receipt of a signal from
the mobile unit 48 containing a time stamp by the mobile unit, the accuracy of the mobile unit’s clock is evaluated to
determine an estimate of the actual time of transmission. This is made possible when there is more information than the
minimum required for position determination In this arrangement, an accurate TDOF position estimate of the mobile unit
48 allows the mobile unit’s clock to be updated.

[0098] Alternatively the infrastructure may communicate the time to the mobile unit 48 (for example over an RF channel),
which is provided with means to synchronise its clock to a central clock. The mobile units may, in addition, be allocated
a time slot from the central server in which to transmit their sonic signals.

[0099] To determine the position of the mobile 48, the time of transmission and the aforementioned times of arrival of
the signal at the receiver 2 along various paths are used in a modified form of trilateration as will be explained with
reference to Figure 6. The position calculations are made as if two 'virtual receivers’ 64, 68 are provided. The first virtual
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receiver 64 is located directly above the real receiver 2, as far above the ceiling 46 as the receiver 2 is below it. It is
effectively a reflection of the receiver 2 in the plane of the ceiling 46.

[0100] Similarly, the second virtual receiver 68 is located at the same height as the real receiver 2 in the same plane
as the back wall 42 and as far to the left of the left wall 44 as the receiver 2 is to the right of it. It is effectively a reflection
of the receiver 2 in the plane of the left wall 44.

[0101] It will be appreciated that, for any location of the mobile unit 48 within the room, the effective distance 60, 66
from the mobile unit 48 to the 'microphone’ 65 of the first virtual receiver 64 (corresponding to the right directional
microphone 14 of the real receiver 2) is exactly equal to the total real path length 60, 62 of the reflected sound.

[0102] Similarly, the effective distance 56, 70, from the mobile unit to the ‘'microphone’ 69 of the other virtual receiver
68 (corresponding to the left directional microphone 12 of the real receiver 2) is equal to the real path length 56, 58.
[0103] The positions of the virtual receivers 64, 68 can be calculated simply from the distance of the real receiver 2
from the wall 44 and ceiling 46. Thereafter their positions can be determined empirically by using a calibration transmitter
placed at a know position relative to the receiver.

[0104] By treating the ultrasonic signal from the mobile unit as being received at the two virtual receivers 64, 68 as
well as the real one, a conventional trilateration calculation can be performed as is described below.

[0105] Trilateration is a method of determining the relative position of an object using the geometry of triangles, the
known position of two or more reference points, and the measured distance between the object and each reference
point. The position of the object in space is given by the solution of the three-dimensional trilateration problem, found
by taking the equations of three spheres and setting them equal to one another to find their intersection points.

[0106] By representing the known position of each virtual or real receiver i (more precisely, the relevant microphones
of each) by the spatial coordinates x;, y;, z;, and letting x, y, z be the coordinates of the mobile unit 48, the distance from
the mobile unit 48 to each receiver i is given by:

d,=(x—x) +(r-3) +(z-2)

[0107] The speed of sound v in air is approximately 331.4 + 0.6 T, m/s where T, is the air temperature in degrees
Celsius, which may be measured by a thermometer in the receiver or elsewhere. Since

where f, is the known time of transmission of the sound from the mobile unit 48 and t; is the known time of arrival of the
sound at receiver i, for each receiver i the following holds true:

\/(x—xl.)z +(y—y) +(z-2z) =(t,—1t,)x(331.4+0.6xT.)

[0108] The only unknowns are x, y, z, the coordinates of the mobile unit 48. Since there is one real and two virtual
receivers, there are three such independent equations and thus the three unknowns x, y, z can be easily determined.
Although there are typically two points of intersection between any three overlapping spheres, not just one, because the
receiver 2 in mounted on the back wall 42 of the room (and the virtual receivers 64, 68 are in the same plane as the
back wall 42), only one of the points of intersection will lie within the room, so the correct solution is easily identified.
[0109] As well as the mobile unit 48 emitting signals for position determination, signals from the mobile unit may be
used to transmit data to the receiver. This could be for example an identity code, status information or indeed any other
information as required. The information can be encoded using signals that preferably have a low cross-correlation with
the positioning signals, as well as with each other. The data signals themselves might also have a highly peaked auto-
correlation, such that they also may be used for positioning events.

[0110] One possibility is that, say, linear up and down chirps are used for positioning and Doppler-shift measurement,
but single-tone FSK is used subsequently to send data. Although simple to encode and decode, a disadvantage of such
a scheme is that considerable cross-correlation between the data signals and the positioning chirps exists, especially
when strong echoes come into play. This can make it more difficult to identify the peaks in a cross-correlation with the
chirp signals belonging to genuine echoes. However, this can be mitigated by transmitting the positioning signal and the
data in two non-overlapping frequency bands; e.g. 35-39 kHz for the chirp and 39-45 kHz for the data.

[0111] In this system genuine echoes may be separated from other peaks by performing separate cross-correlations
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for the up and down chirp signals, and identifying similar peaks that are shifted by the time separation as the two emitted
chirps. Peaks are similar if both amplitude and peak sharpness have similar values.
[0112] One possible criterion that may be applied in this context is

A, — A4 S, —S
a——— + (1 — a)/———*| < threshold

A, + A4, S, +8,

where A is the peak amplitude and S is the sharpness of the associated peaks of the up and down chirp, while a is a
weighing factor between 0 and 1.

[0113] However, this approach remains prone to false echo detections and a more rigorous solution is to replace the
single tones with chirp signals that have a highly peaked auto-correlation and low cross-correlation. These same chirps
might then be used both for positioning and data transmission. By using a finite set of possible chirps, the two functions
can be achieved of performing cross-correlation (which requires knowledge ofthe signal being sent) and data transmission
in which the data is encoded in the sequence of chirps. These chirps may be linear chirps as previously described, but
may alternatively be of a spread spectrum type.

[0114] Atthe receiver 2, or other processing means, the signals can be detected using matched filter cross-correlation
with the finite number of chirps used in the signalling scheme. However, increasing Doppler shift results in gradual
degradation of the auto-correlation signal. This can be addressed by performing cross-correlation of the received signal
with Doppler-shifted versions of the chirps used in the signalling scheme, but this is computationally demanding.
[0115] Thus, in the present embodiment, instead of using FSK for data communication, linear up and down chirps are
used for positioning and Doppler-shift measurements, and chirps, with highly peaked autocorrelation and low cross-
correlation, are also used for data communication. The linear chirps can then be used to determine the Doppler shift
and the cross-correlation templates, and the data chirps received at the receiver 2 can then be corrected by an array-
shifting operation in the frequency domain to correct for Doppler shift.

[0116] The mobile unit 48 is thus preferably arranged to emit a positioning signal followed (or preceded) by its identity,
such as a serial number, encoded using chirped tones.

[0117] Because there may be circumstances in which it is not possible for the receiver 2 to decode the data signal
(when, for example, the mobile unit 48 is obscured behind an object in the room, and the pattern of echoes is thus very
complex), the mobile unit 48 is further arranged to emit its identity over a more basic, slower protocol, such as FSK at
a slow rate, to allow the receiver 2 to fall back to decoding the slower message in order to determine at least which
mobile units are in the room (even if their locations cannot be determined).

[0118] Conventional communication schemes for ultrasound communication suffer from interference effects caused
by echo signals originating from the major reflecting surfaces in a indoor environment. One approach to obtain robust
communication is to adapt the transmission scheme such that echo signals have abated by the time a tone is resend.
However this result in relatively low communication speeds (e.g. 50-200 bits/s).

[0119] Instead, using the chirps signals described above to identify echo delay and attenuation, the echo signals, far
from being a hindrance to communication, can be aggregated and used to help recover the signal X(t) emitted by the
mobile unit. Assume that the detected signal contains m significant correlation peaks resulting from m different paths
taken by the signal. For each of the peaks, the attenuation K,,, and phase accurate time location T, is obtained. From
these, the effective transfer function of the chirp signal transmission channel can be obtained as a function of frequency:

Hchan (0)) = Z Kmefj(‘”—m

[0120] Ifthe datasignalis transmitted in close time proximity to the chirp(s) from which the channel model is constructed
(i.e. while the position and velocity of the mobile unit 48, and of other objects in the room, remain substantially unaltered),
the same transfer function can be used to recover the data signal sent by the mobile unit:

where Y is the received signal.
[0121] Transforming the signal back to the time domain, the X(t) signal can be analysed and the transmitted data can
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be recovered.

[0122] This method is heavily dependent on a high accuracy of the estimate of the delay times (better than 0.05 pi).
In addition the method will fail for echoes that are Doppler-shifted with respect to one another, if no corrective measures
are taken. Itcan therefore be attractive to perform echo aggregation in a domain thatis less dependent on phase accuracy
and Doppler correction.

[0123] Thus,the presentembodimentusesthe STFT (shorttime Fourier transform) domain, where all phase information
has been removed. The STFT forms of the signals described above can be viewed as matrices with the row index
corresponding to discrete frequency (i) and the column index (j) to the discrete time shift ty,;7 The STFT time shift {5
should be chosen such that the received signals can be regarded as quasi-stationary over this time-period. The received
signal in the STFT domain Y); can be seen as comprising time-shifted and attenuated copies of the original signal Xj.
The matrix ij has been padded symmetrically with rows of zeros to maintain the correspondence between the row
index k and the frequency index i. The STFT form of the transfer function for m echoes with attenuation factor K, therefore
takes the form:

K, 0 0
0 K,
Kl
K, 0
Kl
H,=| 0
Km
Km
Km
K, 0
0O - - 0 K

[0124] In other words, it takes the form of identity matrices multiplied by attenuation coefficients K,,, and time-shifted
by the discrete time row index given by:

k, =

m .
Z‘shift

[0125] Fractional values of k can be approximated by two point interpolation in the matrix. The matrix H,; can therefore
be constructed after all the attenuation and echo locations have been determined. By taking the pseudo-inverse or
inverse of the matrix H,;!, a good estimate of the signal originally transmitted by the mobile unit 48 can be obtained:

-1
Xy =Hy Y,

[0126] The approach described above thus uses the accurate identification of the delays and attenuation factors of
all significant echoes from channel characterisation signals, such as chirps. This information is then used to construct
a communication channel model in the form of a discrete time-frequency matrix H, which can be used to aggregate
overlapping echoes in the received channel signal and thereby recover the original transmitted signal in a discrete time
frequency format. Conventional decoding of the recovered signal in the time frequency domain is then undertaken using
an approach appropriate for the signal coding scheme selected in order to extract the communicated data.

[0127] Measurements of the echo attenuation factor K,,, can be degraded by the presence of multiple echoes in the
signal Y(t). In this case, the inversion procedure above can be used to obtain a first estimate of X,-/- and the factors K,
can be adjusted iteratively to minimize the error function:
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e=(v,—H,X,f

[0128] Alternatively, the autocorrelation of X,-/-, or some other error functions that incorporates prior knowledge about
the communication scheme, can be minimised.

[0129] This method can be extended to account for multiple microphone channels by concatenating the additional
channel signals to the Y); array, introducing an additional index for each channel c giving Y, . The echo characteristics
for channel ¢ determined from the initial positioning signal are likewise concatenated to the H,; array resulting in H,.

The common original signal can now be recovered by inversion:

c’1 c
X, =HS Y,

[0130] It will be appreciated by the person skilled in the art that, in other embodiments, the method above can be
adapted to use alternative time frequency transforms such as the Gabor, wavelet transform etc. Such transforms can
offer better time-frequency resolution and can be invertible, but are potentially more computationally demanding. Inversion
of the Xj; signal allows calculation of the R, (cross-correlation) signal and may result in a more accurate identification
of the echo location and attenuation factors. This approach can also be employed in an iterative fashion to arrive at a
improved estimate of X,-/-. Alternatively, echo compensation can be performed in the frequency domain.
[0131] Figure 7 shows a schematic layout showing the receiver 2 in the context of a large network 74. Power over
Ethernet cabling 76 connects the receiver 2 to a central processor 72 and to three additional receivers 78, 80, 82. This
cabling distributes both electrical power and communication packets between the various components. The additional
receivers 78, 80, 82 are broadly identical to the first receiver 2, as described above. One or more of them may be located
in the same room as the first unit 2, either separated from the first unit but more than the acoustic transmission range
of the mobile unit 48 in order to independently cover a different part of the room, or cooperating with the first unit 2 in
order to provide greater accuracy when determining the position of the mobile unit 48. Alternatively, each of the receivers
2, 78, 80, 82 may be located in its own room.
[0132] One of the receivers 82 is connected by an RS-485 serial link to a digital satellite microphone unit 84. This
satellite unit comprises an omni-directional microphone and two directional microphones as in the first receiver 2, but it
does not contain most of the timing, memory and processing circuitry of the receivers; instead, it is arranged to digitise
the electrical outputs of the microphone transducers and send these substantially unprocessed to the connected receiver
82. Since a digital satellite microphone unit 84 is simpler and therefore cheaper than a receiver, additional coverage of
a room or series of rooms can be obtained at lower cost through the use of these satellite units than would be the case
if the main receivers needed to be used in every instance.
[0133] Furthermore, the main receiver 2 may optionally have an input for wired connection to an external analogue
microphone unit (not shown). Analogue electrical signals from the external unit’s transducer are sent down the wire to
the main receiver 2. Such an external analogue microphone unit can be manufactured more cheaply even than the
digital satellite microphone unit 84; however additional analogue-to-digital hardware may be required in the main receiver
2 to support such a connection.
[0134] The central processor 72 may receive raw digitised acoustic transducer outputs from the connected receivers
2, 78, 80, 82, either in real time without any timing information (e.g. when the receivers do not have internal clocks), or
time-stamped by the receivers. Alternatively, the receivers may analyse the transducer outputs to determine the times
of arrival of the signal(s) from the mobile unit 48 and any other mobile units according to the invention and may pass
these times to the central processor. In yet another alternative, the receivers can run a position-determining algorithm,
such as the modified trilateration scheme described above, and send position coordinates of the mobile unit 48 to the
central processor 72. It will be appreciated that the division of labour between the receivers and the central processor
72 is not an essential feature of the invention and may depend on factors such as the processing capabilities of the
various components and the speed of network connections therebetween.
[0135] Thecentral processor 72 comprises display means 73 and input means 75. By means of the position-determining
capabilities of the receivers 76, 78, 80, 82 and the central processor 72 itself, the central process 72 is able to track the
whereabouts of the mobile unit 48 and optionally many other similar such mobile units. It may display graphically the
whereabouts in a two- or three-dimensional model of the environment in which the mobile unit is located. A human user
(not shown) may interact with the central processor 72 via the input means 75 in order to determine the location of any
particular mobile unit.
[0136] The mobile unit 48 might be arranged to periodically transmit an ultrasound signal e.g. every minute and/or it
may be arranged to respond with an ultrasound signal to a probe signal e.g. from the receiver 2 which might therefore
have an RF or ultrasound transmitter.
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[0137] As mentioned above the distances of the three receivers 12, 14, 20 from the wall 44 and ceiling 46 can simply
be measured, but if more accuracy is required. The receiver 2 can optionally carry out a self-calibration method. In this
method the receiver transmits a calibration sound signal into the room from an acoustic transducer which could for
example be the one from the omni-directional microphone 20. The receiver 2 then receives the echoes of this sound
signal reflected from the various reflective surfaces in the room. By measuring the delay between transmission of the
calibration signal and its receipt at the omni-directional microphone 20 and directional microphones 12, 14, and processing
these appropriately, the relative positions of the reflective surfaces and the receiver 2 can be determined or refined. For
example, the path of the sound signal travelling from the receiver 2 to the left wall 44 and back to the receiver 2 is
substantially twice the length of the perpendicular distance of the receiver 2 from the left wall; knowledge of the travel
time of sound along this path therefore allows the perpendicular distance to be calculated very straightforwardly.
[0138] Thus it will be seen from the embodiment described above that accurate determination of the position of a
mobile unit within a room can be obtained by use of timing information of acoustic signals reflected off objects within the
room. Moreover this can be achieved using just a single, self-contained unit which is simple and inexpensive to install
and which can even calibrate itself.

Claims
1. A method of determining the position of a mobile unit (48) within a detection zone comprising:

emitting an acoustic signal from the mobile unit;

receiving said acoustic signal along a first path (54) from the mobile unit;

receiving an echo (58) of said acoustic signal after reflection from a surface (44) within said detection zone;
determining the time of arrival at a first transducer (20) of the acoustic signal along said first path;
determining the time of arrival of the echo at a second transducer (12); and

determining the position of the mobile unit within the detection zone from said times of arrival,

characterised in that the first transducer is optimised for the reception of the first-path signal, and the second
transducer is optimised for the reception of the echo.

2. A method as claimed in claim 1 wherein the first path (54) is a direct path.

3. A position-determining system comprising a mobile unit (48), a receiver (2) having a plurality of independent trans-
ducers (20, 12, 14), and processing means, the mobile unit being located within a detection zone, wherein:

the mobile unit is arranged to emit an acoustic signal;

the receiver is arranged to receive said acoustic signal along a first path (54) from the mobile unit, and to receive
an echo (58) of said acoustic signal after reflection from a surface (44) within said detection zone; and

the processing means is arranged to determine the time of arrival of the acoustic signal along said first path, to
determine the time of arrival of the echo, and to determine the position of the mobile unit within the detection
zone from said times of arrival,

characterised in that a first one of the receiver transducers (20) is optimised for the reception of the first-path
signal, and a second one of the receiver transducers (12) is optimised for the reception of the echo.

4. A position-determining system as claimed in claim 3 wherein said second transducer (12) has greater directional
sensitivity than said first transducer (20).

5. A position-determining system as claimed in claim 4 wherein the first transducer (20) comprises an omni-directional
microphone.

6. A position-determining system as claimed in claim 4 or 5 wherein the second transducer (12) comprises a directional
microphone, or an omni-directional microphone with a waveguide (24) or shielding to add directionality.

7. A position-determining system as claimed in any of claims 4 to 6 wherein the first transducer (20) has no half-angle
or has a half-angle greater than that of the second transducer (12).

8. A position-determining system as claimed in any of claims 4 to 7 wherein the second transducer (12), or a part
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thereof, is moveable in order to allow its directional axis to be adjusted.

A position-determining system as claimed in any of claims 4 to 8 wherein the first transducer (20) is a microphone
and wherein the plurality of transducers comprises a plurality of microphones (12, 14), in addition to the first transducer
(20), each having relatively greater directionality than said first transducer (20).

A position-determining system as claimed in claim 9 wherein the directional axes of said relatively-directional mi-
crophones (12, 14) are mutually nonparallel.

A position-determining system as claimed in any of claims 3 to 10 wherein the processing means is configured to
use the signal strength and arrival time of a received echo (58) to identify the surface (44) from which the echo arises.

A position-determining system as claimed in any of claims 3 to 11 wherein the processing means is configured to
estimate the angle of arrival of the signal from the mobile unit (48) at a receiver (2).

A position-determining system as claimed in any of claims 3 to 12 wherein the processing means is arranged to
conduct an automatic calibration step in which the processing means acquires information relating to the location
of the surface (44) and/or a receiver (2) by receiving an acoustic signal.

A position-determining system as claimed in claim 13 wherein the calibration acoustic signal is emitted by the receiver

@).

A receiver (2) for use in a system for determining the position of a mobile unit (48) within a detection zone, the
receiver comprising a plurality of independent transducers (20, 12, 14); being arranged to receive an acoustic signal
along a first path (54) from the mobile unit, and to receive an echo (58) of said acoustic signal after reflection from
a surface (44) within said detection zone; and comprising processing means arranged to determine the time of
arrival of the acoustic signal along said first path, to determine the time of arrival of the echo, and to determine the
position of the mobile unit within the detection zone from said times of arrival, characterised in that a first one of
the transducers (20) is optimised for the reception of the first-path signal, and a second one of the receiver transducers
(12) is optimised for the reception of the echo.

Patentanspriiche

1.

Verfahren zum Bestimmen der Position einer mobilen Einheit (48) innerhalb eines Erfassungsbereichs, umfassend:

Aussenden eines akustischen Signals von der mobilen Einheit;

Empfangen des akustischen Signals entlang eines ersten Pfades (54) von der mobilen Einheit;

Empfangen eines Echos (58) des akustischen Signals nach der Reflexion von einer Oberflache (44) innerhalb
des Erfassungsbereichs;

Bestimmen der Ankunftszeit bei einem ersten Wandler (20) des akustischen Signals entlang des ersten Pfades;
Bestimmen der Ankunftszeit des Echos bei einem zweiten Wandler (12); und

Bestimmen der Position der mobilen Einheit innerhalb des Erfassungsbereichs aus den Ankunftszeiten,

dadurch gekennzeichnet, dass der erste Wandler fiir den Empfang des Signals des ersten Pfads optimiert ist,
und der zweite Wandler fiir den Empfang des Echos optimiert ist.

Verfahren nach Anspruch 1, wobei der erste Pfad (54) ein direkter Pfad ist.

System zur Positionsbestimmung, das eine mobile Einheit (48), einen Empfénger (2), der mehrere unabhangige
Wandler (20, 12, 14) hat, und Verarbeitungsmittel umfasst, wobei sich die mobile Einheit innerhalb eines Erfas-
sungsbereichs befindet, wobei:

die mobile Einheit eingerichtet ist, ein akustisches Signal auszusenden;

der Empfanger eingerichtet ist, das akustische Signal entlang eines ersten Pfades (54) von der mobilen Einheit
zu empfangen, und ein Echo (58) des akustischen Signals nach der Reflexion von einer Oberflache (44) innerhalb
des Erfassungsbereichs zu empfangen; und

das Verarbeitungsmittel eingerichtet ist, die Ankunftszeit des akustischen Signals entlang des ersten Pfades
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zu bestimmen, die Ankunftszeit des Echos zu bestimmen, und die Position der mobilen Einheit innerhalb des
Erfassungsbereichs aus den Ankunftszeiten zu bestimmen,

dadurch gekennzeichnet, dass ein erster der Empfangerwandler (20) fir den Empfang des Signals des ersten
Pfads optimiert ist, und ein zweiter der Empféangerwandler (12) fir den Empfang des Echos optimiert ist.

System zur Positionsbestimmung nach Anspruch 3, wobei der zweite Wandler (12) eine gréfRere Richtungsemp-
findlichkeit als der erste Wandler (20) hat.

System zur Positionsbestimmung nach Anspruch 4, wobei der erste Wandler (20) ein omnidirektionales Mikrofon
umfasst.

System zur Positionsbestimmung nach Anspruch 4 oder 5, wobei der zweite Wandler (12) ein Richtmikrofon oder
ein omnidirektionales Mikrofon mit einem Wellenleiter (24) oder einer Abschirmung umfasst, um Direktionalitat
hinzuzufligen.

System zur Positionsbestimmung nach einem der Anspriiche 4 bis 6, wobei der erste Wandler (20) keinen Halbwinkel
oder einen Halbwinkel hat, der gréRer als der des zweiten Wandlers (12) ist.

System zur Positionsbestimmung nach einem der Anspriiche 4 bis 7 wobei der zweite Wandler (12) oder ein Teil
davon bewegbar ist, um es zu ermdglichen, seine Richtungsachse anzupassen.

System zur Positionsbestimmung nach einem der Anspriiche 4 bis 8, wobei der erste Wandler (20) ein Mikrofon
ist, und wobei mehrere Wandler mehrere Mikrophone (12, 14) zusétzlich zu dem ersten Wandler (20) umfassen,
die jeweils eine relativ grofRere Direktionalitat als der erste Wandler (20) haben.

System zur Positionsbestimmung nach Anspruch 9, wobei die direktionalen Achsen der relativ direktionalen Mikro-
fone (12, 14) zueinander nicht parallel sind.

System zur Positionsbestimmung nach einem der Anspriiche 3 bis 10, wobei die Verarbeitungseinrichtung konfi-
guriert ist, die Signalstarke und die Ankunftszeit eines empfangenen Echos (58) zu verwenden, um die Oberflache
(44) zu identifizieren, von der das Echo auftritt.

System zur Positionsbestimmung nach einem der Anspriiche 3 bis 11, wobei die Verarbeitungseinrichtung konfi-
guriert ist, den Ankunftswinkel des Signals von der mobilen Einheit (48) bei einem Empfanger (2) zu schatzen.

System zur Positionsbestimmung nach einem der Anspriiche 3 bis 12, wobei die Verarbeitungseinrichtung einge-
richtet ist, einen automatischen Kalibrierungsschritt durchzufiihren, in dem das Verarbeitungsmittel Information, die
sich auf den Ort der Oberflache (44) und / oder einen Empfanger (2) bezieht, durch Empfangen eines akustischen
Signals erlangt.

System zur Positionsbestimmung nach Anspruch 13, wobei das akustische Kalibrierungssignal von dem Empfanger
(2) ausgesendet wird.

Empfanger (2) zur Verwendung in einem System zur Bestimmung der Position einer mobilen Einheit (48) innerhalb
eines Erfassungsbereichs, wobei der Empfanger mehrere unabhangige Wandler (20, 12, 14) aufweist; der einge-
richtet ist, ein akustisches Signal entlang eines ersten Pfades (54) von der mobilen Einheit zu empfangen, und ein
Echo (58) des akustischen Signals nach der Reflexion von einer Oberflache (44) innerhalb des Erfassungsbereichs
zu empfangen; und Verarbeitungseinrichtungen umfasst, die eingerichtet sind, die Ankunftszeit des akustischen
Signals entlang des ersten Pfads zu bestimmen, die Ankunftszeit des Echos zu bestimmen, und die Position der
mobilen Einheit innerhalb des Erfassungsbereichs aus den Ankunftszeiten zu bestimmen, dadurch gekennzeich-
net, dass ein erster der Wandler (20) fir den Empfang des Signals des ersten Pfades optimiert ist, und dass ein
zweite der Empfangerwandler (12) fur den Empfang des Echos optimiert ist.

Revendications

1.

Procédé de détermination de la position d’une unité mobile (48) a 'intérieur d’'une zone de détection comprenant :
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I'émission d’un signal acoustique a partir de I'unité mobile ;

la réception dudit signal acoustique le long d’un premier chemin (54) a partir de I'unité mobile ;

la réception d’un écho (58) dudit signal acoustique aprés réflexion a partir d’'une surface (44) a l'intérieur de
ladite zone de détection ;

la détermination du temps d’arrivée au niveau d’un premier transducteur (20) du signal acoustique le long dudit
premier chemin ;

la détermination du temps d’arrivée de I'écho au niveau d’'un deuxiéme transducteur (12) ; et

ladétermination de la position de I'unité mobile al'intérieur de la zone de détection a partir desdits temps d’arrivée,

caractérisé en ce que le premier transducteur est optimisé pour la réception du signal du premier chemin et le
deuxiéme transducteur est optimisé pour la réception de I'écho.

Procédé selon la revendication 1 dans lequel le premier chemin (54) est un chemin direct.

Systeme de détermination de position comprenant une unité mobile (48), un récepteur (2) ayant une pluralité de
transducteurs indépendants (20, 12, 14) et des moyens de traitement, I'unité mobile étant située a l'intérieur d’'une
zone de détection, dans lequel :

I'unité mobile est agencée pour émettre un signal acoustique ;

le récepteur est agencé pour recevoir ledit signal acoustique le long d’un premier chemin (54) a partir de l'unité
mobile et pour recevoir un écho (58) dudit signal acoustique aprés réflexion a partir d’'une surface (44) a l'intérieur
de ladite zone de détection ; et

les moyens de traitement sont agencés pour déterminer le temps d’arrivée du signal acoustique le long dudit
premier chemin, pour déterminer le temps d’arrivée de I'écho et pour déterminer la position de I'unité mobile a
l'intérieur de la zone de détection a partir desdits temps d’arrivée,

caractérisé en ce qu’un premier des transducteurs de récepteur (20) est optimisé pour la réception du signal du
premier chemin et un deuxiéme des transducteurs de récepteur (12) est optimisé pour la réception de I'écho.

Systeéme de détermination de position selon la revendication 3 dans lequel ledit deuxiéme transducteur (12) a une
sensibilité directionnelle plus élevée que ledit premier transducteur (20).

Systeéme de détermination de position selon la revendication 4 dans lequel le premier transducteur (20) comprend
un microphone omnidirectionnel.

Systeme de détermination de position selon la revendication 4 ou 5 dans lequel le deuxiéme transducteur (12)
comprend un microphone directionnel ou un microphone omnidirectionnel avec un guide d’onde (24) ou un blindage
pour ajouter une directionalité.

Systeme de détermination de position selon I'une quelconque des revendications 4 a 6 dans lequel le premier
transducteur (20) n’a aucun demi-angle ou a un demi-angle supérieur a celui dudit deuxiéme transducteur (12).

Systeme de détermination de position selon I'une quelconque des revendications 4 a 7 dans lequel le deuxieme
transducteur (12), ou une partie de celui-ci, est mobile de maniére a permettre de régler son axe directionnel.

Systeme de détermination de position selon I'une quelconque des revendications 4 a 8 dans lequel le premier
transducteur (20) est un microphone et dans lequel la pluralité de transducteurs comprend une pluralité de micro-
phones (12, 14), en plus du premier transducteur (20), ayant chacun une directionalité relativement plus élevée que
ledit premier transducteur (20).

Systeme de détermination de position selon la revendication 9 dans lequel les axes directionnels desdits microphones
relativement directionnels (12, 14) sont mutuellement non paralléles.

Systeme de détermination de position selon I'une quelconque des revendications 3 a 10 dans lequel les moyens
de traitement sont configurés pour utiliser I'intensité de signal et le temps d’arrivée d’'un écho recu (58) pour identifier

la surface (44) a partir de laquelle I'écho se produit.

Systeme de détermination de position selon I'une quelconque des revendications 3 a 11 dans lequel les moyens
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de traitement sont configurés pour estimer I'angle d’arrivée du signal provenant de l'unité mobile (48) au niveau
d’un récepteur (2).

Systeme de détermination de position selon I'une quelconque des revendications 3 a 12 dans lequel les moyens
de traitement sont agencés pour exécuter une étape d’étalonnage automatique dans laquelle les moyens de trai-
tement acquiérent des informations relatives a 'emplacement de la surface (44) et/ou d’'un récepteur (2) en recevant
un signal acoustique.

Systeme de détermination de position selon la revendication 13 dans lequel le signal acoustique d’étalonnage est
émis par le récepteur (2).

Récepteur (2) pour I'utilisation dans un systéme de détermination de la position d’'une unité mobile (48) a I'intérieur
d’'une zone de détection, le récepteur comprenant une pluralité de transducteurs indépendants (20, 12, 14) ; étant
agenceé pour recevoir un signal acoustique le long d’'un premier chemin (54) a partir de I'unité mobile et pour recevoir
un écho (58) dudit signal acoustique apres réflexion a partir d’'une surface (44) al'intérieur de ladite zone de détection ;
et comprenant des moyens de traitement agencés pour déterminer le temps d’arrivée du signal acoustique le long
dudit premier chemin, pour déterminer le temps d’arrivée de I'’écho et pour déterminer la position de I'unité mobile
a l'intérieur de la zone de détection a partir desdits temps d’arrivée, caractérisé en ce qu’un premier des trans-
ducteurs de récepteur (20) est optimisé pour la réception du signal du premier chemin et un deuxiéme des trans-
ducteurs de récepteur (12) est optimisé pour la réception de I'écho.
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